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Fig. 1. Simulated average SIR (dB) proﬁle of a hexagonal cell, employing
a reuse factor of 7, path-loss exponent of 3.5, slow-fading frequency of 1 Hz,
standard deviation of 6 dB, 4-QAM modulation, interference from six video
users in cochannel cells.
It was found that the SIR difference between the best and
worst interferer positions varied, but at the edge of the cell
was, on average, about 6 dB, which is also demonstrated
by comparing the subﬁgures of Fig. 1(a). Again, the high-
SIR central portion of the cell provides a higher maximum
channel capacity, which will be exploited in terms of better
video quality by our programmable transceiver of Table I. In
case of voice-activity-detection-assisted speech transmissions,
the above interference loads are reduced by about 4 dB due to
the approximately halved on-air time.
Due to the fast and slow fading of both the signal and in-
terference, the instantaneous signal-to-interference-plus-noise
ratio (SINR) has a larger variance in interference-limited
scenarios. This can be particularly adverse when the uplink
signal is highly attenuated by a deep fade and coincidently
the interference is boosted by the fading, resulting in a very
low instantaneous SINR. This effect is clearly demonstrated
by Fig. 2, where the cumulative distribution function (cdf) of
the SINR averaged over one time division multiple access
(TDMA) frame for our wireless videophone system to be
proposed during our forthcoming discussions is portrayed for
various amounts of average interference and noise powers.
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Fig. 2. Cumulative distribution function of the instantaneous SINR over each
TDMA frame due to the worst case single video interferer scenario for various
average SNR and SINR values.
Observe in Fig. 2 that, depending on the prevalent average
SIR, a substantial fraction of the time the near-instantaneous
SINR averaged over a TDMA frame was signiﬁcantly less
than the long-term average SINR. The average SINR proﬁle of
the previously used hexagonal cell is characterized in Fig. 3,
where (a) is the global three-dimensional (3-D) view, while
(b) portrays the corresponding contour plot. As before, the
SINR proﬁle shown suggests that an intelligent transceiver can
exploit the high channel quality of the cell’s central section,
which supports the rationale of this contribution. Having
characterized the propagation environment, let us now focus
our attention on aspects of the proposed transceiver.
III. SYSTEM PARAMETERS
In order to realize the high Shannonian channel capacity of
the high SINR sections of the fast- and slow-fading wireless
channel [9] in Fig. 3, we contrived the multimode videophone
transceiver of Fig. 4, ensuring less robust, but higher qualityCHERRIMAN AND HANZO: H.263-BASED VIDEO TRANSCEIVERS 277
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Fig. 3. Simulated SINR contours of a hexagonal cell, employing a reuse factor of 7, path-loss exponent of 3.5, slow-fading frequency of 1 Hz, standard
deviation of 6 dB, and random 4-QAM video user positions within cell boundaries.
TABLE I
SUMMARY OF SYSTEM FEATURES FOR THE RECONFIGURABLE MOBILE RADIO SYSTEM
video communications under favorable channel conditions,
while invoking more robust, but lower video-quality modes
under hostile channel conditions. The feedback control loop of
Fig. 4 indicates that transceiver reconﬁguration can be invoked
on the basis of evaluating the decoded error rate statistics at
the receiver, and the speciﬁc design of the reconﬁguration
algorithm is the subject of our current research.
The system proposed uses embedded binary Bose–Chau-
dhuri–Hocquenghem (BCH) coding [11] combined with
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Fig. 4. Reconﬁgurable transceiver schematic.
amplitude-modulation (QAM) modem [12]. Here, we refrain
from detailing the BCH coding and QAM issues; the
interested reader is referred to [11], [12] for an in-depth
discourse. The system can operate, under network control,
in one of four modes, corresponding to 1-, 2-, 4-, and 6-
bits/symbol modulation schemes. This allows the system
to span a wide range of operating conditions in terms of
video quality, bit rate, robustness against channel errors,
and implementational complexity, while exploiting the higher
channel quality of the central region of Fig. 3. For example, the
transceiver operates using highly bandwidth-efﬁcient 64-level
pilot-symbol-assisted quadrature amplitude modulation (64-
PSAQAM) in a benign indoor cordless environment, where
high SNR’s and SIR’s prevail. The number of modulation
levels is dropped from 64 to 16, when the portable station
(PS) is handed over to an outdoor street microcell, and can be
further reduced to 4 or 2 in less friendly propagation scenarios.
Again, the system parameters are summarized in Table I.
We note that the different QAM modes have a number of
different integrity subchannels, where this number ranges from
1 to 3, an issue detailed in [12]. In general these modulation
subchannels can provide bit-sensitivity matched protection,
however, in the case of the H.263 scheme to be used in our
transceiver, all bits are very sensitive to transmission errors,
and hence have to be equally well protected. Therefore, we
adjusted the error correction power of the various subchannel’s
BCH codes in order to equalize the different subchannel
integrities, as suggested by the different BCH codecs of Table
I. The propagation conditions are also listed in Table I. The
baseline H.263 codec algorithm was employed for 10 frames/s,
176 144 pixel so-called quarter common intermediate format
(QCIF) videophone sequences without any of the so-called
advanced negotiable options, which minimized the system’s
complexity and latency, considering that, for example, the
advanced predictive motion compensation option relies on the
accomplished decoding of surrounding blocks.
An adaptive packetization algorithm to be described during
our forthcoming discourse in Section IV was invoked in order
to ensure that the H.263 codec generated the closest possible
number of bits to the required target rate supported by the
currently used transceiver mode. Here, this was achieved by
invoking the speciﬁc H.263 quantizer generating the current
target source rate facilitated by the instantaneous channel
quality, which can span a bit-rate range of 1–6, corresponding
to the 1–6 bit/symbol QAM modem modes. In contrast, in [14],
a set of 5–11.36 kbit/s, 10 frames/s QCIF proprietary video-
phone codecs was proposed, which could dispense with error-
sensitive variable-length coding, where a ﬁxed video rate was
achieved by classifying the blocks as motion active/passive
and coding a ﬁxed proportion of blocks for transmission.
This ﬁxed-rate bit allocation resulted in a slightly ﬂuctuating
objective video PSNR in comparison to the H.263 scheme, but
this was perceptually unobjectionable and amenable to trans-
mission over contemporary ﬁxed-rate mobile channels, such as
the Pan-American IS-54, IS-95 systems and the Japanese PHS
or the Pan-European DECT, CT2 as well as GSM schemes.
Again, irrespective of the transceiver mode facilitated by
the current channel quality, as seen in Table I, a constant
forward error-correction-coded signaling rate of 7.3 kBd was
maintained. When opting for a modulation excess bandwidth
of 50% and a system bandwidth of 200 kHz, as in the Pan-
European GSM system, the maximum signaling rate becomes
133.33 kBd. At this signaling rate, INT(133.33/7.3) 18 time
slots can be created, where INT indicates integer division.
Assuming an identical speech signaling rate of 7.3 kBd, nine
videophone users can be supported by the proposed scheme
in the GSM system’s 200-kHz bandwidth. A range of further
system aspects can be inferred from Table I.
Having reviewed the system’s salient features, let us now
consider aspects of the proposed packetization algorithm.
The technique proposed exhibits high ﬂexibility, supporting
both automatic repeat request (ARQ) and packet dropping,
although in our system performance section, we will present
performance results for the lower delay, lower-complexity
scenario of dropping rather than retransmitting corrupted video
packets. Corrupted packets cannot be used by either the
local or the remote H.263 decoder since that would result
in unacceptable video degradation due to error propagation,
hence they must be either retransmitted or dropped. For
ARQ, the packets may have to be reencoded at a lower bit
rate for more robust retransmission, while for dropping, both
reconstruction buffers are updated by a blank packet.282 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 8, NO. 3, JUNE 1998
Fig. 7. Average PSNR of decoded video versus frame error rate (FER) for 2-, 4-, 16-, and 64-QAM over both Gaussian and Rayleigh-fading channels.
The QCIF resolution Miss America video sequence was used for all transmission modes.
Fig. 8. Decoded video PSNR versus video frame index for transmission over Rayleigh-fading channels for various packet dropping (FER) rates.
At this stage, we have to emphasize that, although the pro-
posed adaptive packetization algorithm supports ARQ-assisted
operation, for example, for distributive video applications,
in our proposed interactive videophone system, we refrained
from using ARQ due to its associated latency. Explicitly, we
relied on dropping corrupted packets, which was perceptually
unobjectionable for packet-dropping rates or, synonymously,
for transmission frame error rates (FER) of up to 5%, as
suggested by Figs. 7 and 8. These ﬁgures will be discussed
in more depth during our further discourse. For higher FER’s,
however, the PSNR gracefully degrades due to the sparse
replenishment of the reconstruction frame buffers, leading toCHERRIMAN AND HANZO: H.263-BASED VIDEO TRANSCEIVERS 283
Fig. 9. Frame error rate (FER) versus channel SNR (dB) for 2, 4, 16, and 64 QAM over both Gaussian and Rayleigh-fading channels.
degrading motion compensation efﬁciency. The corresponding
PSNR versus SINR curves are portrayed in Figs. 10–12. An
alternative solution for future ARQ-based work is to reencode
a dropped packet along with the forthcoming one at half the
target rate, but transmit them together in the same transmission
packet. A further interesting aspect for future research is
exploiting the passive speech spurts in voice-activity detector-
assisted systems for packet ARQ’s.
We also note that, in the case of wireless local area networks,
where typically much shorter frames are used, this latency
is acceptable even in interactive videophony [13]. This is
particularly true in conjunction with the statistical multiplexing
scheme of [13], where the packet acknowledgment bit can be
included in the BS’s slot-allocation broadcast message, and a
previously corrupted packet can be retransmitted in the same
frame as the current one by allocating more slots to the user
concerned, at the cost of temporarily disadvantaging other
users in terms of the reduced number of slots available to them.
Fig. 9 displays the transmission frame error rate (FER)
versus channel SNR performance of the system for 2, 4,
16, and 64 QAM over both Gaussian and Rayleigh-fading
channels, where a transmission frame was constituted by
one of each of the BCH codewords of a given mode of
operation seen in Table I. The graphs clearly indicate that
extremely robust system performance can be maintained upon
invoking the more robust modes of operation when the channel
conditions degrade. As expected, the additive white Gaussian
noise (AWGN) curves exhibit the typical elbow effect, while
the Rayleigh performance curves decay more gracefully with
reduced SNR’s. Our perceptual observations and the objective
peak SNR (PSNR) results of Fig. 8 suggested that a more
robust modem mode has to be invoked when the video packet
error rate reaches about 5%. These performance curves can
then be related to the video quality expressed in terms of
PSNR using Fig. 7, where all PSNR curves show a gently
sloping degradation, as the FER is increased, which is fairly
independent for a given FER, whether AWGN or Rayleigh
conditions prevailed.
Fig. 8 shows the decoded video peak-signal-to-noise ratio
(PSNR) versus the video frame index performance of the
system for various video packet-dropping rates in its 4-QAM
mode of operation for transmissions over the standard fading
channel characterized in Table I. The different packet dropping
rates were engendered by using various channel SINR values.
Again, in order to prevent excessive video degradations, it
is advantageous to reconﬁgure the system in a more robust
mode before the packet-dropping rate increases beyond some
5%. The associated subjective effects are characterized by
the corresponding demonstrations that can be viewed on the
WWW.2 The PSNR versus channel SINR performance of the
transceiver is portrayed in Fig. 10 over AWGN channels, while
the corresponding Rayleigh-fading channel results are depicted
in Fig. 11 without shadow fading and in Fig. 12 with shadow
fading exhibiting a standard deviation of 6 dB. The effect of
shadowing can be judged when comparing Figs. 11 and 12.
Monitoring the FER is a reliable parameter in controlling the
modem modes, and it was found advantageous to invoke a
more robust modem mode, typically around an FER
which was actually reached before the PSNR of a less robust
mode dropped below that of the next more robust mode.
This implied that a lower unimpaired PSNR was typically
preferable to an originally higher, but impaired scenario.
2Available WWW: http://www-mobile.ecs.soton.ac.uk/peter/robust.h263/
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Fig. 12. Decoded video PSNR versus channel SNR performance for transmissions over Rayleigh channels with 6-dB shadow fading using BPSK,
QPSK, 16 QAM, 64 QAM.
Fig. 13. Decoded video PSNR versus channel SINR performance for transmissions over Rayleigh channels with 6-dB, 1-Hz shadow fading using 2 QAM
with no ARQ in comparison to 4 QAM with one retransmission and without ARQ.
The less than 1-dB PSNR reduction margin is maintained
for channel SINR’s in excess of about 15 dB for 2-QAM
with packet dropping instead of ARQ, 21 dB for 4 QAM with
dropping rather than ARQ, and 24 dB for 4 QAM with one
re-transmission. Although the 4-QAM PSNR curves with and
without ARQ are always above the 2-QAM curve, for channel
SINR values, where the 1-dB PSNR degradation margin is
exceeded, the originally higher quality video is perceptually
more impaired. Hence, when this PSNR degradation threshold
is exceeded due to unfavorable channel conditions, it is better
to reconﬁgure the transceiver to operate in its inherently more
robust, but halved video-rate mode. Limiting the number of